The effect of noise on speech intelligibility is typically measured using fixed-level speech (or noise) and varying the speech-to-noise ratio (SNR). An assumption of this procedure is that intelligibility mostly depends on the SNR and barely depends on speech level. The effective SNR, however, (i.e., the SNR in the internal stimulus representation), possibly depends on peripheral compression. Indeed, compression could facilitate and hinder intelligibility for negative and positive SNRs, respectively. Insofar as compression varies with level, speech intelligibility might also vary with speech level. Here, we tested these hypotheses by measuring percent correct digit triplet identification as a function of speech level for fixed SNRs. Measurements were carried out for normal-hearing subjects and for hearing-impaired subjects with linear cochlear responses, as assessed using the temporal masking curve method. Results for both groups suggest that the detrimental effect of the noise on intelligibility is larger for speech levels near threshold, particularly for negative SNRs, a result that cannot easily be explained by compression. Alternative explanations for the result are discussed.
INTRODUCTION
In many popular speech perception tests, the level of the speech (Owens and Schubert, 1977; Shannon et al., 1999; Simpson and Cooke, 2005) or the noise (Nilsson et al., 1994; Smits et al., 2004; Wilson and Weakley, 2004; Wilson et al., 2005; Smits and Houtgast, 2007; Ozimek et al., 2009; Jansen et al., 2010) is fixed and the speech-tonoise level ratio (SNR) is varied. The level of the reference sound, be it speech or noise, is typically fixed around 60-70 dB SPL. It is claimed that such a procedure allows assessing speech intelligibility in typical listening conditions because it is the SNR, rather than the speech or noise level, that determines intelligibility (Hawkins and Stevens, 1950) , except perhaps at very low (Hawkins and Stevens, 1950) or very high levels (Studebaker et al., 1999) . The fact is, however, that in natural listening, the speech level fluctuates depending on the distance between the speaker and the listener and/or on the utterance level of the speaker. Therefore, it is interesting to question whether speech intelligibility assessed using fixed-level speech is representative of that obtained for other speech levels. In other words, if for any given SNR, the detrimental effect of the noise is comparable across speech levels.
There are at least two reasons why speech intelligibility could depend on the speech level in addition to the SNR. The first reason is that even in quiet, identification errors are made for sufficiently low but still supra-threshold speech levels (the shape of a psychometric functions shown below, in Fig. 1 , is good evidence of this). This may be interpreted as though there is an 'internal' noise that affects intelligibility. It seems reasonable to think that the detrimental effect of such an internal noise on speech intelligibility should be relatively more important the more adverse the listening conditions (i.e., for lower SNRs).
A second possible reason why speech intelligibility could depend on the speech level and not only the SNR is that the peripheral auditory system processes sounds in a nonlinear manner (Oxenham and Bacon, 2003; LopezPoveda et al., 2003; Plack et al., 2004; Lopez-Poveda et al., 2005) . Therefore, the SNR in the internal (say auditory nerve) representation of the stimulus could differ from that in the acoustic stimulus itself [e.g., (Dubno et al., 2007) ]. If that were the case, speech intelligibility would depend upon the internal rather than the acoustic SNR, which would itself depend on the speech level.
The aim of the present study was to investigate the effect of speech level on intelligibility in quiet and for fixed SNRs. Intelligibility was assessed using a digit-triplet identification task. To assess the potential role of peripheral compression on the results, experiments were carried out in normal-hearing (NH) listeners and in specially selected sample of hearing-impaired (HI) listeners with quasi-linear cochlear responses, as assessed using common behavioral and physiological methods.
MATERIALS AND METHODS

Listeners
Ten (eight male and two female) NH listeners and five HI listeners (three male and two female) with bilateral, symmetric pure sensorineural hearing loss participated in the study. The ages of the NH listeners ranged from 24 to 31 years, with a mean age of 27.2 years. The ages of the HI listeners ranged from 52 to 81 years, with a mean age of 69.4 years. All listeners had a full clinical audiological evaluation prior to their inclusion in the study. Listeners were regarded as NH when their audiometric thresholds were less than 20 dB hearing level (HL) in both their ears at the audiometric frequencies from 125 and 8000 Hz (ANSI, 1996) . Author PPG participated as a NH listener. HI listeners were selected from the participants in a concurrent study specifically because they had little or no residual cochlear compression at frequencies from 500 to 6000 Hz, as assessed using temporal masking and distortionproduct otoacoustic emissions (DPOAEs) (Lopez-Poveda et al., 2005; Johannesen and Lopez-Poveda, 2008) . Due to space limitations, their behaviorally-and DOPAE-inferred cochlear input-output curves are omitted here. Listeners were not paid for their services.
Absolute detection thresholds (in dB SPL) for pure tones were measured monaurally in the best ear of each participant using the same earphones (Etymotic ER2 for NH listeners and Sennheiser HD-580 for HI listeners) that would be later used for the digit triplet identification test. Thresholds were obtained for pure tones with frequencies between 125 and 8000 Hz (NH listeners) or 500 and 6000 Hz (HI listeners). The total duration of the tones was 100 ms (NH listeners) or 210 ms (HI listeners), including 5-ms onset and offset raised-cosine ramps. A two-alternative forced-choice adaptive procedure with feedback was employed. The initial level of the tones was set high enough so that the tones could be easily heard. A two-down, one-up adaptive rule was used to estimate threshold at the 70.9 % percent correct point in the psychometric function (Levitt, 1971) . Three threshold estimates were obtained in this way for each frequency and the mean and the standard deviation (SD) were calculated. When the SD exceeded 6 dB, a fourth threshold estimate was obtained and included in the mean. A "three-frequency average" absolute threshold (in dB SPL) was obtained for each listener as the arithmetic mean of the absolute thresholds at 500, 1000 and 2000 Hz. These frequencies were chosen because it is common in clinical practice to use the average threshold across these frequencies as a predictor of the loss of sensitivity for speech (Hawkins and Stevens, 1950; Schlauch and Nelson, 2009 ). The three-frequency average threshold ranged from 8.1 to 18.1 dB SPL across the ten NH listeners, with a mean of 12.9 dB SPL and a SD of 2.96 dB. The threefrequency average threshold for HI listeners ranged from 41.1 to 64.0 dB SPL with a mean of 58.2 and a SD of 9.8 dB.
Stimuli
The percentage of correctly identified digit triplets was measured as a function of speech level (L S ), in quiet and for SNRs of +5, 0, 5 and 10 dB. Speech level was expressed in dB re the individualized three-frequency average threshold (hereon referred to as dB sensation level or dB SL) and ranged from 15 to 60 dB SL. Not all conditions were tested for all listeners (see Results).
Digit triplets were constructed using recorded single digits from '0' to '9' uttered by three male and one female amateur speakers. The native language of the four speakers was Castilian Spanish. Author PPG participated as the only female speaker. During the recording session, speakers were asked to pronounce each of the ten digits three times in a row. The first and the third recorded utterances of each digit were discarded to minimize prosodic effects. The quality and naturalness of each recording was subjectively and independently judged by three native Castilian Spanish-speaking listeners. If necessary, recordings were repeated until they sounded natural to all three judges.
Digits were recorded in a low-reverberation, double-wall sound booth with dimensions of 1.75 m (width) by 2.67 m (length) by 1.97 m (height). Speakers were placed 115 cm in front of a Knowles Electronics Manikin for Acoustics Research (KEMAR) (Burkhard and Sachs, 1975) . The KEMAR was equipped in its right ear with a silicon pinna (Knowles DB65), a Zwislocki coupler (Knowles DB100), and a half-inch microphone (B&K 4192). The microphone was connected to a sound digitizing card (RME Fireface 400) placed outside the booth via a 90q adaptor (B&K UA0122) and a conditioner amplifier (B&K Nexus 2669). The sensitivity of the conditioner amplifier was set to 3.16 V/Pa. Recordings were digitized at a sampling rate of 44100 Hz with 32-bit analogue-to-digital resolution and were stored as mono WAV-format sound files in a computer.
Recordings were controlled and edited with Adobe TM Audition 3.0 (Adobe Systems Inc.). To attenuate the lowfrequency background noise that could be perceived at high levels, each recording was filtered through a 10th-order high-pass digital Butterworth filter with a cut-off frequency of 75 Hz. The silence gaps between the digits were visually identified in the spectrogram and zeroed manually. The zeroed digit stream files were then automatically cut using a custom-made Matlab TM (The Mathworks Inc.) script to obtain a single sound file per digit. A total of 40 files (10 digits u 4 speakers) were obtained. These files are available from the authors upon request.
Digit triplet identification was measured in quiet and in noise. The noise was presented ipsilaterally to the speech signal. A different noise segment was used for each digit triplet. A 32-talker English babble was used as the noise. This type of noise was employed for convenience and because it is very common (Cherry, 1996; Wilson and Weakley, 2004) . It is unlikely that using English rather than a Castilian Spanish babble had a significant effect on the results because the average long-term spectrum of speech is comparable across languages (Byrne et al., 1994) .
The time course of the stimulus consisted of a 500 ms silence period, followed by a brief (10-ms) start warning sound, followed by a digit triplet, followed by a brief (10-ms) end warning sound. The time interval between the first warning sound and the first digit (or between the end of the last digit and the end warning sound) was 240 ms. The inter-digit time interval was 200 ms. When background noise was used, the noise was uninterruptedly presented during the time interval between the two warning sounds. The duration of the preceding silence was set so as to give the listener sufficient reaction time after pressing the 'start test' button. The start and end warning sounds were broadband noises with a level of 50 dB SL. They acted as cues to focus the listener's attention in all conditions, particularly in the most difficult ones (i.e., lowest L S and SNRs).
Stimuli were played digitally through an RME Fireface 400 sound card configured with a sampling frequency of 44100 Hz and a digital-to-analogue resolution of 24 bits. Stimuli were presented through Etymotic ER2 insert earphones to NH listeners and through Sennheiser HD-580 to HI listeners.
The system was calibrated by connecting the earphones to a sound level meter (B&K 2238) with a Zwislocki coupler (Knowles DB100) placed on a KEMAR equipped with a silicon pinna (Knowles DB065). Sound calibration was performed at 1 kHz and the measured sensitivity was applied to other frequencies.
Procedure
Each listening condition was defined by the speech level (L S ) and the SNR. For each condition, listeners were presented with 50 (HI listeners) or 100 (NH listeners) digit triplets. Each individual digit was randomly chosen according to a uniform distribution of integer numbers from 0 to 9. Digit repetitions were allowed within a triplet. Each of the four speakers pronounced a quarter of the triplets selected at random. The three digits in a triplet were always uttered by the same speaker.
Listeners were asked to identify each of the three digits after a triplet was presented and input their response via a computer numerical keyboard. Responses were recorded and analyzed to obtain the number of digit triplets identified correctly. No feedback was given on the correctness of their responses. In a few instances (< 1%), listeners unintentionally pressed a non-numerical key in the keyboard and the corresponding response did not contain three digits. Those responses were nevertheless included in the analyses for convenience and because they were so rare that they did not bias the results.
Listeners were trained in the task before actual data collection began. Training consisted of identifying 10 digit triplets for each listening condition and was structured in two 20-minute sessions. Data collection progressed from the easiest to the most difficult condition. The test took approximately 6 hours per listener (including resting time), distributed in several sessions. Individual sessions lasted from 40 minutes to 2 hours depending on the listeners' availability. Listeners sat in a double-wall sound booth during testing.
The test was run automatically using AudioSpeech, a custom-made software application developed in Matlab TM . This software is available from the authors upon request. Figure 1A shows mean psychometric functions, which illustrate digit triplet correct identification (in %) against speech level (in dB SL). Different symbols illustrate results for different SNRs, as indicated by the legend. Lines in Fig. 1A are sigmoidal functions least-squares fitted to the experimental data. Sigmoids had the form:
RESULTS AND DISCUSSION
Normal-hearing Listeners
where C is the percentage of correctly identified digit triplets, L S is the speech level (in dB SL), C max is the maximum percentage of correctly identified triplets across levels, W is the slope of the function, and L 0 is the speech level at which C becomes equal to C max /2. Comparable psychometric functions were obtained for the quiet condition and for the condition with an SNR of 10 dB. In these two conditions, identification reached nearly 100% correct for signal levels 20 dB SL [N.B.: C max did not reach 100% because, for convenience, this analysis included very few (< 1%) invalid responses that were unintentionally typed as alphanumeric triplets; see Methods]. For the SNR of 0 dB and for speech levels below 20 dB SL, however, correct identification scores were lower than those observed in quiet for the same speech levels. The psychometric functions for the SNR of 10 dB were strikingly different from the functions for other SNRs. First, maximum scores hardly reached 68% even for speech levels above 55 dB SL. Second, these functions were clearly shallower than the functions for higher SNRs (e.g., Ĳ increased from 3 to 9.4 dB with decreasing SNR from 0 to 10 dB). Finally, these functions saturated at much higher levels than functions for higher SNRs (e.g., the saturation speech threshold level increased from ~20 to > 55 dB SL with decreasing SNR from 0 to 10 dB).
A re-analysis of the psychometric functions allows a verification of the conjecture that digit triplet identification depends not only on the SNR but also on the speech level. To do it, the detrimental effect of the noise at different speech levels was quantified as:
where 'C is the decrement (expressed in %) in the number of correctly identified digit triplets by effect of the noise with respect to the quiet condition for any given speech level, L S ; and C Quiet and C SNR are the numbers of correctly identified triplets in quiet and for a given SNR, respectively, at the speech level in question.
If speech intelligibility was dependent upon SNR but independent of speech level, then 'C would be different for different SNRs but constant across L S . The results shown in Fig. 1B demonstrate that this is not the case. 'C was always zero or negative, indicating that adding noise either did not change or deteriorated identification, respectively. Strikingly, though, 'C was not constant across speech levels for SNRs of 0 and 10 dB. Instead, 'C was clearly smaller for low speech levels and increased with increasing speech level. (A hint of this effect also occurred even for 10 dB SNR, although it was not significant.) The latter shows that digit triplet identification depends not only on the SNR but also on the speech sensation level. The present results imply, for instance, that in adverse listening situations (say 10 dB SNR), digit triplet identification is much better for speech levels well above the three-frequency tonal threshold (> 50 dB SL) than for levels just above this threshold.
One potential explanation for this result is peripheral auditory compression. For negative SNRs, compression would amplify the lower-level speech in the dips of a temporally modulated noise masker (like the one used here) more than the noise, which would effectively improve the SNR and hence intelligibility (Moore et al., 1999) . The beneficial effects of compression would be less obvious for positive SNRs because in these conditions intelligibility is already high. Evidence in support of this explanation is that cochlear responses are likely linear at low levels and hence the proposed compression-related intelligibility improvement would occur above the threshold level of compression. The latter is approximately constant across frequencies and equal to 40-50 dB SPL [ Fig. 10 in (Johannesen and Lopez-Poveda, 2008) ] or, equivalently, 37-47 dB above the mean three-frequency absolute threshold. This is precisely the level above which the detrimental effects of noise for a negative SNR became smallest (Fig. 1B) .
We attempted to test the compression hypothesis by carrying out the experiments in a selected group of HI listeners with quasi-linear peripheral cochlear responses. The results are shown in the next section. Figure 2A illustrates individual psychometric functions in quiet (filled symbols) and in noise (open symbols) for five HI listeners. SNRs were 5 dB for three HI listeners (depicted by {, °, and U symbols) and 10 dB for the other two listeners (depicted by and symbols). Mean psychometric functions are shown in Fig. 2B . The increment in the proportion of correctly identified digit triplets in noise with respect to the quiet condition (Eq. 2) for individual HI listeners or the mean is shown in Fig. 2C and 2D , respectively. The mean three-frequency average absolute threshold of the HI group was 58.2 dB SPL compared to 12.9 dB SPL for the NH group and performance for the two groups was measured over a comparable range of stimulus sound pressure levels. Therefore, due to the hearing loss of the HI listeners, the corresponding range of speech sensation levels over which performance could be measured in negative SNRs was narrower for the HI (~15 dB) than for NH group (~55 dB) (i.e., the NH series in Fig. 1B , depicted by open circles, extends a much broader level range than the HI series, depicted by filled circles).
Hearing-impaired Listeners
The mean psychometric functions in quiet and in noise (Fig. 2B ) and the detrimental effects of the noise (Fig.  2D) were comparable for the HI and NH groups over the range of speech sensation levels where performance could be measured for HI listeners. This suggests that the same mechanism could underlay speech intelligibility for the two listener groups for negative SNRs and low sensation levels. HI listeners had quasi linear cochlear responses and NH listeners probably have linear cochlear responses at low levels (Plack and Skeels, 2007; Johannesen and LopezPoveda, 2008) . Therefore, this supports the hypothesis that NH listeners experience greater noise masking at lower speech sensation levels due to reduced compression at low levels. Unfortunately, psychometric functions for HI listeners extended a level range that was too narrow to allow confirmation of the hypothesis that compression is responsible for the improvement in NH performance for negative SNRs at higher speech sensation levels (i.e., in Fig. 2D , the gray circles extend a much narrower range of levels than the open circles).
For uncertain reasons, the pattern of results varied across individual HI listeners and so individual results also provided mixed support to the compression hypothesis. For three HI listeners (depicted by , , and U symbols in Fig. 2A and 2C ), performance in noise hardly improved with increasing speech level and the detrimental effect of the noise remained approximately constant across level. This contrasts with the pattern of results for the NH group and would be consistent with the compression hypothesis: for a linear system, noise effects would be approximately constant across levels. For the other two listeners (depicted by { and °symbols in Fig. 2A and 2C) , however, digit triplet identification in noise improved with increasing speech level, and the detrimental effect of the noise diminished with increasing level. In other words, the pattern of results for these two HI listeners is broadly consistent with that for NH listeners (Fig. 1A) despite the fact that these HI listeners had quasi linear cochlear responses. Hence, the results for these two HI listeners do not support the compression hypothesis and suggests that diminished noise effects at high speech sensation levels are possibly due to a mechanism other than compression.
Indeed, another explanation for the present results (not mutually exclusive with the compression explanation) is that the stimulus (signal+noise) is more poorly represented at levels near threshold than at supra-threshold levels. It might be, for instance, that the stochastic nature of neural responses combined with a lower probability of firing at levels near threshold produces a poorer neural representation of the stimulus at low than at high levels. This could effectively produce a noisier stimulus near threshold even when the acoustic SNR is fixed across levels. This interpretation is developed in a companion paper presented at this meeting (Lopez-Poveda and Barrios, 2013) .
CONCLUSIONS
Relative to quiet, intelligibility for fixed, negative SNRs is comparatively better for speech levels well above than just above the three-frequency tonal threshold. In other words, for negative SNR, noise has stronger masking effect for speech levels just above than well above threshold. This may be due to peripheral compression enhancing the SNR in the post-mechanical representation of the stimulus combined with an impoverished (effectively noisier) neural representation of the stimulus waveform at low levels.
